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(54) Method and device for performing adaptive predistortion 




(57) A method and a transmitter stage for perform- 
ing "adaptive predistortion are described. The adaptive 
predistortion is based on predistortion data used to com- 
pensate nonlinearities of an amplifier which produces 
from an input radio signal generated from a first sample 
stream an amplified radio signal. From the amplified ra- 
dio signal a second sample stream is generated and 


samples from the second sample stream are selectively 
collected such that the statistical properties of the col- 
lected samples differ from the average statistical prop- 
erties of the second sample stream. Adapted predistor- 
tion data are created based on a comparison of the se- 
lectively collected samples from the second sample 
stream with the corresponding samples from the first 
sample stream and used for performing predistortion. 


,'*% ; 




do 


• : 



< 

CO 

CO 
CO 

CO 



41 



AH 







— T— 




User 


li ■ 


Baseband 
Processing 




data 


Qi 






ideal 







Digital 
Predistortion 



Qr. 



real 




Antenna 



TXRF 
Upconverter 




ADC 



Fig. 1a 




RF Downconverter 



7.1 



Best Available Copy. 



1 EP 1 318 643 A1 2 



Description 

Technical Field 

[0001] The Invention relates to a method of perform- 
ing adaptive predistortion and to a transmitter stage em- 
ploying this method. In particular, the invention relates 
to performing adaptive predistortion to compensate 
nonlinearities of an amplifier which produces from an in- 
put radio signal an amplified radio signal. 

Description of the Prior Art 

, [0002] Wireless communications system s . are in- 
creasingly making use of radio modulations with non- 
constant envelope, i.e., fluctuating signal amplitudes. 
Such radio modulations like quadrature phase shift key- 
ing modulations(QPSK, OQPSKor il/4-QPSK)orquad- 
rature amplitude modulations (n-QAN) help to improve 
the spectral efficiency of the communications system. 
This rneans that, for a given data rate, these radio mod- 
ulations have the. advantage of requiring a smaller fre- 
quency bandwidth than conventional radio modulations 
like gaussian minimum shift keying modulation (GMSK) 
with constant envelope. The downside of this advantag e 
is that modulation techniques with nonconstant enve- 
lope require a very linear transmission system in order 
to avoid spectral broadening resulting from nonlineari- 
ties. 

[0003] Regarding the spectral broadening, the critical 
point is usually the power amplifier of the transmitter 
stage. High signal peaks, which are common for modu- 
lation techniques with nonconstant envelope, let the 
power amplifiers momentarily run very close to satura- 
tion which results in significant intermodulation distor- 
tion and significant power emissions in adjacent chan- 
nels, So far a solution has been torun power amplifiers 
with enough back-off to prevent even high signal peaks 
from causing nonlinear distortion and out-of-bahd emis- 
sions. This approach, however, is expensive and caus- 
es size and heat dissipation probiems. 
[0004] According to an alternative approach, various 
linearization techniques have been proposed which al- 
low power amplifiers to run closer to their saturation 
point while keeping power emissions in adjacent chan- 
nels low. One implementation of these linearization 
techniques uses adaptive predistortion. 
[0005] Such an adaptive predistortion scheme is de- 
scribed in US 5,905,760. The predistortion scheme con- 
sists in applying a predistortion table to a baseband sig- 
nal in order to generate a predistorted baseband signal. 
The predistortion table comprises a set of predistortion 
data which is calculated in the digital domain by com- 
paring the baseband signal with a demodulated signal 
derived from an amplified output radio signal of the pow- 
er amplifier. According to the adaptive aspect of the pre- 
distortion irth¥wm*pansbn is pefforrneciliuTing^vera)* 
adaptation periods in order to update the predistortion 



table. , 

[0006]~~The~ideal solution" would be to~perfo"nTrsucrra 
comparison for every sample which is to be sent. How- 
ever, the calculations required for this comparison can 
5 often not be performed In real-time due to computational 
constrains. For example, departing from a chip rate of 
■3.84 Msps and four times oversampling, a typical data 
rate for a wideband code division multiple access 
(WCDMA) system would be 15.36 Msps. Consequently, 
10 each processing cycle could take a maximum of 1/15.36 
Msps or 65.1 ns! This is beyond the computational ca- 
pabilities of most of today's hardware. 
[0007] On the other hand, processing of all samples 

is_not necessarily required because the adaptive nature 

*5 of the predistortion usually only has to keep track of slow 
processes like temperature changes, aging of the power 
amplifier, etc. Therefore, generation of an adapted set 
of predistortion data can be performed off-line by means 
of an appropriate adaptation technique on the basis of 
samples which are comprised within the demodulated 
signal of the power amplifier and which were collected 
earlier. 

[0008] US 5,524,286 relates to a table based predis- 
tortion technique which modifies the addressing 
-_scJneme_olthe.tablesas a function of the amplitude_vaiue 
of an input sample. The manner in which the amplitude 
values are mapped onto a set of addresses is nonlinear 
and causes a non uniform quantization. The quantiza- 
tion intervals each have an amplitude value which is in- 
versely proportional to the probability that the amplitude 
of the input sample will fall in said interval, in this manner 
the probability that the amplitude of the input sample 
falls within a predetermined Interval Is on the average 
the same for all intervals. Thus, the number of samples 
used to provide adapted table parameters is the same, 
for all table entries. 

[0009] One object of the present invention is to im- 
. prove convergence speed of the adaptation technique 
used for generating a set of predistortion data. 

SUMMARY OF THE INVENTION 

[0010] According to the invention this object is satis- 
fied by a method of performing adaptive predistortion to 
compensate nonlinearities of an amplifier which produc- 
es from an input radio signal generated from a first sam- 
ple stream an amplified radio signal, the method conv 
prising generating a second sample stream from the 
amplified radio signal, selectively collecting samples 
comprised within the second sample stream such that 
the statistical properties of the collected samples differ 
from the average statistical properties of the second 
sample stream, creating adapted predistortion data 
based on a comparison of the samples collected from 
the second sample stream with the corresponding sam- 
p les from the first sample stream, and pe r form ing pre- 
distortion using the~adapted predistortion" data to pro- 
duce a predistorted third sample stream. Predistortion 
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can be performed in the digital domain, in the analog 
domain or partly in the digital and partly-in the analog - 
domain. 

[0011] According to one aspect of the invention, the 
samples from at least the second sample stream, Le., 
at least the samples derived from the amplified output 
radio signal of the power amplifier, are collected or cap- 
tured continuously and preferably also during genera- 
tion of the adapted predistortion data. Optionally, sam- 
ples from the first sample stream or the third sample 
stream or from both the first and the third sample stream 
could be collected as well. 

[0012] The continuous collection of samples from at 
least the second sample stream, however, does not 
mean that actually all-samples-comprised within a par- 
ticular sample stream are collected. Instead, a selective 
collection takes place. This selective collection is pref- 
erably performed such that the collected samples have 
specific statistical properties, which for example deviate 
from the average statistical properties of the second 
sample stream in a predetermined direction or meet one 
or more specific statistical constraints. The statistical 
. constraints can be static and predefined or can be 
adapted dynamically. Those samples of for example the 
second sample stream which cause that the collected 
samples will.not-or-no longer satisfy the specific statis- 
tical properties may not be collected and may be dis- 
carded. By generating the adapted predistortion data on 
the basis of collected samples with desired statistical 
properties, convergence speed of the adaptation 30 
scheme is improved. 

[0013] The statistical properties which are to be sat- 
isfied by the collected samples can relate to various as- 
pects of the co llected samples . Preferably, the statistical 
properties relate to an amplitude or power probability 35 
distribution. The following references to signal ampli- 
tudes or amplitude-related parameters like the ampli- 
tude probability distribution also apply to the signal pow- 
er or the respective power-related parameters. 
[0014] As a result of the statistical constraint the am- 40 
plitude probability distribution of the collected samples 
may be raised at least locally compared to an average 
amplitude probability distribution of all samples com- - 
prised within the second sample stream. Such statistical 
properties are given when the collected samples com- 
prise more samples of specific amplitude values or of 
specific ranges of amplitude values than statistically 
comprised within the second sample stream. 
[0015] The amplitude probability distribution" of the 
collected samples is raised preferably at least for ampli- so 
tude values of an upper amplitude range, e.g. above an 
amplitude threshold, compared with the average ampli- 
tude probability distribution of the second sample 
stream. The amplitude threshold can be a specific am- 
plitude value which is initially defined or an amplitude 55 
value which is dynamically shifted. The raising of the 
amplitude probability distribution in an upper amplitude 
range may be performed by selectively collecting more 



samples with an large amplitude than samples with a 

low amplitude. — — 

[001 6] By raising the amplitude probability distribution 
at least locally, one or more specific amplitude values 
5 or one or more specific ranges of amplitude values 
among the collected samples, which are used for gen- 
erating the adapted predistortion data, are weighted 
stronger. Especially preferred is a stronger weighting of 
the rare signal peaks that drive the power amplifier close 
io to saturation because these signal peaks are most to 
blame for out-of-band emissions and emissions in adja- 
cent channels. 

[001 7] There exist various possibilities how the sam- 
ples can be selectively collected and processed. The 
15 samples may be collected individually.J.e., .picked on a 
sample-by-sample basis, or in the form of one or more 
. sample sequences. Furthermore, the sample collection 
may be a combination of both possibilities. According to 
a preferred variant of the invention the adapted predis- 
20 tortion data are created based on a plurality of sample 
sequences^ 

[001 8] Regardless whether the samples are collected 
in the form of individual samples or in the form of one or 
more sample sequences, an assessment may be imple- 
mented to determine if a specific sample or a sample 
sequence cqmprising_a.specific_sample has to be_col=_ 
lected or not. The assessment may be performed on the 
BSlrereltrTerow of the first, the - 

second arid the third sample stream. 
[0019] An assessment step is preferably performed 
for each sample comprised within a particular sample , 
stream. For example, the assessment may be per- 
formed for each sample comprised within the second 
sample stream by evaluating either this sample or a cor- 
responding sample of the first or third sample stream. 
Alternatively, the assessment may be performed in in- 
tervals in the form of spot checks. In the case of spot 
checks the interval between two consecutive checks, i. 
e., the number of samples between a first spot check 
and a consecutive second 6pot check, is preferably cho- 
sen such that the probability that characteristic signal 
phenomena like signal maxima (peaks) orsignal minima 
are missed is minimized. 

[0020] If the samples are collected in the form of one 
or more sample sequences each collected sample se- 
quence is preferably selected such that it captures one 
or more signal peaks. Thus the amplitude probability 
distribution of the collected samples is raised in an upper 
amplitude range. The signal peaks can be identified by 
a threshold decision whbh can be based on a fixed or 
a variable threshold value. 

[0021 ] In the case of a variable threshold value, a var- 
iation of the variable threshold value can be controlled 
in dependence of one or more parameters like time, a 
previous threshold value, and a current signal peak. For 
example, if no signal peak is detected within a predeter- 
mined period of time, the currently valid threshold value 
may be decreased! On the other hand, a currently valid 
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threshold value maybe increased if for example a newly 
detected signal peak is higher than the highest signal 
peak previously captured. Various modifications of - 
these control mechanisms are possible. 
[0022] Preferably, the samples are selectively collect- s 
ed and processed in sample blocks which may have pre- 
defined block sizes. A sample block may be divided into 
individual sample bins for structuring the selectively col- 
lected samples. Each sample bin can be reserved for 
selectiveiycollectedsampleshavingspeclficproperties. io 
For example, if the statistical constraint which has to be 
satisfied by the collected samples relates to the ampli- 
tude probability distribution of the collected samples," 
each sampl e bin may be reserv ed for samples having 
an amplitude within a particular amplitude range. 15 
[0023] The sample bins can have all the same nomi- 
nal bin size or may have individual nominal bin sizes. 
For example, the sample bins may be spaced with equi- 
distance or logarithmically. According to a preferred var- 
iant of the invention, the nominal bin sizes are chosen 20 
such that the sizes represent specific properties of the 
collected samples. 

[0024] According to a possible implementation of the 

i n v enti o n , the pi Bdislu i tlcm data a t e adapted un a b l ock- 

by -block basis. This means that if g enerat ion of a first 25 
set of adapted predistortion data based on a previous 
samp le b l ock i s comp le t e d, a ne w l y col lec t ed sam pl e 



individually in the corresponding sample bin, the sample 
block contains more samples than actually needed for 
generating an adapted set of predistortion data. Conse- 
quently, a sample collected earlier may be deleted. This 
deletion is preferably performed such that a sample col- 
lected in that sample bin which exceeds its nominal bin 
size most is discarded. 

[0027] As has become apparent from the above, the 
samples are usually no longer indiscriminately collected 
in the form of a single continuous sample sequence 
comprised within a particular sample 'stream but in the 
form of selected individual samples or selected se- 
quences of samples. This somewhat complicates the 
comparison of the coliected_jsamplesJrom-the second 
sample stream with the corresponding samples from the 
first sample stream during generation of the predistor- 
tion data. Consequently, the step of generating predis- 
tortion data may comprise an aligning of each individu- 
ally collected sample or each individually collected sam- 
ple sequence with the corresponding sample or sample 
sequence from the first sample stream. 
[0028] The above method can be implemented both 
as a hardware solution and as a computer program 
p r oduct comp ri s i ng program coflfe portions tor pertorm- 
ing the metho d when the computer prog ram product is 
run on a computer. The computer program product may 
be st o r ed a n a com p u t er- r ea d ab l e r ecord i ng med i um 



block is used for generating a second, updated set of 
adapted predistortion data. It has to be noted that ac- 
cording to the preferred aspect of a continuous collec- 30 
tionthe selective collection of samples is not interrupted 
during the procedure of generating a new set of adapted 
predistortion data. 

[0025] Preferably, the collection of samples becomes 
selective only after enough samples required to gener- 35 
ate a single set of adapted predistortion data have been 
collected. This means for example that if the number of 
samples collected in a sample block does not yet equal 
a predefined sample block size, a newly assessed sam- 
ple is collected individually or in the form of a sample 40 
sequence in the sample bin reserved for this particular 
sample or sample sequence even if the sample or sam- 
ple sequence does not meet a desired statistical con- 
straint or even if the? nominal bin size is exceeded. Once 
enough samples for generating an adapted set of pre- 45 
distortion data has been collected, i.e., once the number 
of samples in the sample block equals or exceeds the 
predefined sample block size, the selection mechanism 
may be activated. 

[0026] The selection mechanism is preferably imple- so 
mented such that a sample comprised within a particular 
sample stream (for example within the second sample 
stream) is not collected but discarded if the sample bin 
reserved for the sample has reached its nominal bin size 
or if all sample bins are occupied. Otherwise, i.e., if e.g. 55 
the sample bin reserved for this sample has not yet Figs. 1a to 1c 
reached Its nominal bin size, the sample may be collect- " " 7 

ed in this sample bin. In the case the sample is collected 



like a data carrier attached to or removable from the 
computer. 

[0029] The hardware solution mentioned above may 
be constituted by a transmitter stage comprising an "am- 
plifier which produces an amplified radio signal from an 
Input radio signal generated from a first sample stream, 
a feedback unit for generating a second sample stream 
from the amplified radio signal.a unit for selectively col- 
lecting samples from the second sample stream such 
that the statistical properties of the collected samples 
differ from the average statistical properties of the sec- 
ond sample stream, a parameter adaptor for creating 
adapted predistortion data based on a comparison of 
the collected samples from the second sample stream 
with the corresponding samples from the first sample 
stream, and a data modifier for performing predistortion 
using the adapted predistortion data. The data modifier 
may be configured and/or programmed to perform the 
method outlined above. Preferably, the transmitter 
stage is part of a wireless communications system. 

BRIEF DESCRIPTION QFTHE DRAWINGS 

[0030] Further advantages of the invention will be- 
come apparent upon reference to the following descrip- 
tion of preferred embodiments of the invention in the 
light of the accompanying drawings, in which: 



show schematic views of a transmitter 
stage and of components thereof em- 
ploying the method according to the In- 
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vention of performing adaptive predis- 
tortion; - — 

Fig. 2 shows a cumulative density function 

representing the typical amplitude 
probability distribution of a WCDMA 
signal; 

Fig. 3 shows a cumulative density function 

for a sample block comprising sam- 
ples selectively collected in accord- 
ance with a first embodiment of the in- 
vention; 

Fig. 4 shows the_division_of_a_single_sample 

block in sample bins of individual nom- 
inal bin size according to the first em- 
bodiment; 

Fig. 5 shows a flow chart of the collection 

mechanism implemented for perform- 
ing adaptive predistortion in accord- 
ance with the first embodiment; 



~Hg76~ 



10 



15 



20 



shows the division or a single sample 
bock.in.sample_bMsjofJdei3ticaljiomi^ 
nal bin size according to a second em- 
~bcdlmenrofthe~tnventlon ; 



~2T 



system is schematically depicted. The transmitter stage 
1 0 comprises a digital signal source 1 2 which produces 
from .binary user data a complex-valued signal in the 
form of an in-phase component Ij and an quadrature 
component Q, at a sampling frequency f 8 . The complex- 
valued signal output by the signal source 1 2 has a non- 
constant envelope. 

[0033] The components Ij and Qj of the complex-val- 
ued signal represent ideal samples and are input into a 
baseband processing unit 1 4. In the baseband process- 
ing unit 1 4, the components Ij and Q, are shaped by one 
or more filters to produce a baseband signal having a 
spectrum confined to a specific bandwidth. The output 
signal of the baseband processing unit 14 is input as a 
stream of samples into a digital predlstortion-unit_1.6- 
which applies a predistortion technique to the signal re- 
ceived from the baseband processing unit 1 4 to produce 
a stream of predistorted samples l d and Q d . 
[0034] . It should be noted that the digital predistortion 
unit 16 could also be arranged prior to the baseband 
processing unit 14, such that It acts on the binary user 
data, at a digital intermediate frequency or immediately 
prior to the power amplifier 22, such that the data mod- 
ifier is a combined analog or digital solution. Also, the 
frequency up and down conversion processes could be 

.split between the analog and digital-domains, : 

[0035] The predistorted signal l d , Q d output by the dig- 

^arpr^dlstortib7Tunrr6'of Fig. la is converted Into an- 
alog form by a digital/analog converter 18 and than fed 
to a radio frequency converter20 which delivers an input 
radio signal for a power amplifier 22. The power ampli- 
fier 22 amplifies the input radio signal to produce an am- 
plified radio signal which is fed to an antenna 24 of the 
transmitter stage 10. 

[0036] A coupler 25 samples a fraction of the ampli- 
fied radio signal at an output of the power amplifier 22. 
This fraction is fed to a feedback unit 26 for generating 
a stream of real samples from the amplified radio signal. 
The feedback unit 26 comprises a radio frequency 
downconverter 28 and an analog/digital converter 30. 
Theradiofrequencydownconverter28 demodulates the 
amplified radio signal and produces a demodulated sig- 
nal. The demodulated signal output by the radio fre- 
quency down converter 28 is fed to the analog/digital 
converter 30 which digitizes the in-phase and quadra- 
ture components of the demodulated signal at the sam- 
pling frequency f s . The components l r and Q r output by 
the analog/digital converter 30 represent the real sam- 
ples generated from the amplified radio signal. From the 
feedback unit 26, a stream of real samples l r , Q r is fed 
back to the digital predistortion unit 16. 
[0037] In Fig. 1b the individual components of the dig- 
ital predistortion unit 16 are shown. Basically, the digital 
predistortion unit 16can be divided into five parts, a data 
modifier 16A, a delay unit 16B, a parameter adaptor 
1 6C, an assessment unit 1 6D and a block memory 1 6E . 
[0038] The stream of input samples Ij, Q| received by 
the predistortion unit 1 6 is fed to the data modifier 16A, 



Fig. 7 shows a flow chart of a first collection 30 

mechanism implemented for perform- 
ing adaptive predistortion in accord- 
ance with a second embodiment; 

Fig. 8 shows a flow chart of a second collec- 35 

tion mechanism implemented for per- 
forming adaptive predistortion in ac- 
cordance with a second embodiment; 

Fig. 9 shows a flow chart of a third collection 40 

mechanism implemented for perform- 
ing adaptive predistortion in accord- 
ance with a second embodiment. 

DESCRIPTION OF PREFERRED EMBODIMENTS 

[0031] Although the present invention can be prac- 
ticed in any communications system requiring adaptive 
predistortion to compensate nonlinearities of an ampli- 
fier which produces an amplified radio signal from an so 
input radio signal generated from a stream of samples, 
the following description of preferred embodiments is 
examplarily set forth with respect to a third generation 
mobile communications system like the system stand- 
ardized in accordance with the third generation partner- 55 
ship project (3GPP). 

[0032] In Fig. 1a a transmitter stage 10 of a transceiv- 
er of such a third generation mobile communications 
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the delay unit 16B and the assessment unit 16D. The 
assessment unit 1 6D further receives the stream of real 
samples l r , Q r , and, optionally, the stream of predistorted 
samples l d , Q d . After having passed the assessment 
unit 1 6D, individual samples or sample sequences from 
the stream of real samples l r Q r , and, optionally, of one 
or more of the further sample streams are stored in the 
block memory 16E. The assessment unit 1 6D performs 
its decisions based on one or more of these three sam- 
ple streams. In the embodiments described below it is 
exemplarily assumed thatthe assessment unit 1 6D per- 
forms its decisions based on the stream of real samples 

[0039] The config uration of the data modifier, 1 6A is 
depicted in moredetailin Fig. 1c. The data modifier 16A 
shown in Fig. 1c comprises an address generator 16F, 
two tables 16G and a complex multiplier 1 6H. The data 
modifier 1 6A of the embodiment depicted in Fig. 1 c uses 
the table based predistortion technique of complex gain 
predistortion. It should be noted that non-table based 
predistortion techniques like polynomial implementa- 
tions or other table based predistortion techniques like 
mapped predistortion or amplitude and sample time pre- 
d i stort i on (portly tob l o based) cou l d b e u se d as w ell . — : 



w 



15 



20 



[0040] The data modifier 16A of Fig. 1c receives a 
complex baseband input digital signal S, n in the form of 
the-saro p les I , and Q ,. T h e addr e ss g ener ato r 1 6F of th e 



25 



data modifier 16A then calculates one or more table ad- 
dresses in accordance with a predefined function of the 
instantaneous amplitude of the input digital signal. The 
predefined function could be any instantaneous function 
of the signal amplitude or the signal power of S, n . 
[0041] The table address generated for a specific dig- 
ital sample by the address generator 16F is used to look 
up in the tables 1 6G the complementary complex gain 
of the power amplifier 22 for that digital sample. 
For example is determined by looking up the table 
value with the closest table address or by calculating a 
table value via linear interpolation between two table ad- 
dresses. In the embodiment depicted in Fig. 1c, the ta- 
bles 1 6G contain the total complementary complex gain 
of the power amplifier 22 such thatthe combination of 
the complementary complex gain of the data modifier 
16A and the power amplifier 22 results in linear gain and 
phase for all input signal magnitudes. The complemen- 
tary complex gain and the input digital S, n are proc- 
essed by the complex multiplier 1 6H. The output S out of 
the complex multiplier 1 6F is designed so as to linearize 
the power amplifier 22. 

[0042] The data modifier 1 6A described above only 
operates on the instantaneous sample. However, intro- 
duction of a predistortion scheme which is dependent 
also on one or more previous samples could be envis- 
aged also. Thus a memory or frequency dependence 
effect may be implemented. This could be effected for 
example by introducing an additional address compo- 
nent to the address generated by the instantaneous 
function of amplitude. The additional address compo- 



nent, which can be thought of as a seco.nd table, address. . 
dimension, may be calculated by a "leaky integrator" 
which is a low pass (MR) filter with certain rise and fail 
times matched to the thermal nature of the amplifier 22. 
According to an alternative approach, a FIR filter Imple- 
mentation could be used whereby the coefficients of the 
filter are accessed from a table addressed by a function 
of the instantaneous amplitude of the signal. The coef- 
ficients are then multiplied with a weight gene rated from 
a FIR or MR filter. A third alternative for including a mem- 
ory or frequency dependency effect is the implementa- 
tion of frequency equalizers preceding and following the 
(memoryless) data modifier 1 6A of Fig. 1b to compen- 
sate the amplifier input and out put circuits, respective ly. 
[0043] So far the data modifier 16A has been de- 
scribed in more detail. Now the parameter adaptor 16C 
of Fig. 1b will be considered. The parameter adaptor 
1 6C can be operated in accordance with various param- 
eter adaptation schemes like dithering schemes, linear 
adaptation schemes, secant adaptation schemes, direct 
inverse modeling schemes and curve fitting or RLS es- 
timation schemes. All those schemes are known to. a 
person skilled in the art and differ in convergence speed, 
- stab il ity a nd a c cu r a c y. Ty p ica ll y, t h e paramgtei adaplu r 
16C performs para meter adaptation based on the ori g- 
inal (ideal) signal, the predistorted signal and an output 
signal-from-the pow e r ampl i fi e r. Parameter a d a p tati on 
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can be based either on transmitted data, which is the 
preferred approach, or on special training sequences. 
[0044] In principle, thefeedback unit 26 can be imple- 
mented either coherently or non-coherently. The non- 
coherent feedback implementation comprises an esti- 
mation of the spectral components at the output of the 
power amplifier 22. The coherent feedback implemen- 
tation, which is used by the transmitter stage 10, is 
based on an acquisition of a sample stream generated 
. from an output signal of the power amplifier 22 which is 
coherent in the time domain with a corresponding input 
signal. To that end, the digital predistortion unit 1 6 com- 
prises the delay unit 16B depicted in Fig. 1b. The coher- 
ent feedback technique is more complex than the non- 
coherent implementation but is independent of a mod- 
ulation format or of the number of carriers. 
[0045] The digital predistortion unit 1 6 of Fig. 1 a con- 
tinuously but selectively collects real samples l r , Q r com- 
prised within the stream of real samples received from 
the feedback 26 unit. As will be explained below, the dig- 
ital predistortion unit 16 selectively collects the real sam- 
ples such that the selectively collected real samples 
have desired statistical probabilities with respect to the 
amplitude probability distribution of the collected real 
samples. 

[0046] Prior to explaining the selection mechanism 
performed within the digital predistortion unit 16 in more 
detail, the problems arising from non selective collecting 
mechanisms will be explained with reference to Fig. 2. 
Fig. 2 shows a typical cumulative density function for a 
WCDMA signal. The cumulative density function of Fig. 



best Available Copy 



11 



EP1 318 643 A1 



12 



2 represents the probability with which a signal ampli- 
tude lies above a specific amplitude value. From Fig. 2- 
it can be seen, for example, that the probability that a 
signal peak is more than 12dB above mean power 
equals approximately 5*10 -5 . This low probability of the 
signal peaks comprised within a WCDMA signal is a 
manifestation of the fact that WCDMA signals typically 
have highly fluctuating phase and amplitude modulation 
resulting in rare signal peaks. 

[0047] Since the signal peaks are rare, not many sam- 
ples with large amplitude values will be available for cre- 
ating corresponding adapted predistortion data for up-, 
dating the predistortion tables 16.G of the digital predis- 
tortion unit 1 6. As a result, the values within the predis- 
tortion table 16G for which. properpredistortion is most 
important, i.e., the values corresponding to signal peaks 
which push the power amplifier 22 strongly into its non- 
linear operating area, are updated not often enough. 
This situation is rendered even worse if the real samples 
used for generating the predistortion data are not col- 
lected continuously, i.e., not also during an predistortion 
data adaptation step, but only priorto start of generating 
a new set of adapted predistortion data. Such an indis- 
criminate intermittent collection of real samples increas- - 
es the probability that the rare real samples with high 
amplitude values are missecLancLthus not exploitedior_ 
the purpose of generating adapted predistortion data. 
~[0048] — m'orderto'avold'suchYSftuatlon, the selective - 
collection of real samples l r , Q r is performed continuous- 
ly also during generation of adapted predistortion data, 
i.e., also during the time the predistortion adaptor 16C 
is doing its calculations. However, this continuous col- 
lection is performed selectively since otherwise the 
probability distribution of the collected real samples over 
the signal amplitude would simply reflect the cumulative 
density function depicted in Fig. 2. 
[0049] The selective collection of real samples within 
the digital predistortion unit 16 is performed such that 
the amplitude probability distribution of the collected real 
samples is raised locally compared to the average am- 
plitude probability distribution reflected by Fig 2. In par- 
ticular, according to a first illustrative embodiment of the 
invention, the real samples are selectively and individ- 
ually collected such that their amplitude probability dis- 
tribution becomes constant for all amplitude values 
above an average amplitude. This situation is depicted 
in Fig. 3. 

[0050] Fig. 3 illustrates the cumulative density func- 
tion of a block of real samples selectively collected and 
stored in the block memory 1 6E. From Fig. 3 it can clear- 
ly be seen that the amplitude probability distribution of 
the real samples selectively collected in the sample 
block over the signal amplitude is flat and not falling off 
as rapidly as depicted in Fig. 2. Compared to Fig. 2, the 
amplitude probability distribution is raised for ampli- 
tudes above an amplitude threshold of approximately 
5dB. Consequently, the critical entries in the predistor- 
tion table corresponding to signal amplitudes above 5dB 



are updated more often, which results in a reduction of 
- the out-of-band emissions generated by trie power am- 
plifier 22 shown In Fig. 1. 

[0051] In the following detailed description of the first 

5 embodiment of the invention, an approach for selective- 
ly collecting a block of real samples having the proba- 
bility distribution reflected in Fig. 3 is examplarily de- 
scribed with reference to Figs. 1b, 4 and 5. 
[0052] If it is generally assumed that the predistortion 

10 scheme operates on for example 256 data points, each 
sample block to be processed by the parameter adaptor 
1 6C would have a predefined sample block size of 256 
samples. Each sample block of 256 real samples is di- 
vided into sample bins as depicted in Fig. 4. Each sam- 

15 pie bin represents a particular amplitude range. _As_can_ 
be seen from Fig. 4, the individual sample bins are 
spaced logarithmically. Hence, each sample bin is as- 
signed an individual nominal bin size corresponding to 
a nominal number of real samples to be stored in the 

20 corresponding sample bin. The nominal bin sizes are 
selected such that a statistical constraint underlying the 
selection mechanism is reflected. In the present case 
this means that the nominal bin sizes decrease logarith- 
mically with increasing amplitude. For example the first 

25 Din corresponding to the lowest signal amplitude values 

comprises 129 samples, the second_sampk 

sponding to somewhat higher amplitude values com- 
prises"64"samples~and"so~onrThelast^ampte"blrrcoT r ~ 
responding to the highest amplitude values comprises 

30 only single sample. Such a bin size distribution reflects . 
the amplitude probability distribution depicted in Fig. 3. 
Of course, amplitude probability distributions different 
from the one reflected in Fig. 3 are also possible. In this 
case the nominal bin size distribution will deviate from 

35 the distribution depicted in Fig. 4. 

[0053] The selective collection mechanism according 
to the first embodiment of the invention will now be de- 
scribed with reference to the flow chart depicted in Fig. 
5. 

40 [0054] The mechanism starts at node 500 and, in a 
first step 502, the assessment unit 1 6D fetches a single 
real sample provided by the feed back unit 26 which gen- 
erates the stream of real samples. In a second step 504 
the assessment unit 16D determines whether the 

45 number of real samples currently arranged in the sam- 
ple block stored in the block memory 16E is less than 
the predefined maximum sample block size of 256 real 
samples. If the current sample block size is less than 
the maximum sample block size, the real sample 

so fetched in step 502 is collected in step 506 in the appro- 
priate sample bin of the sample block stored in the block 
memory 16E. The appropriate sample bin in which the 
real sample is placed depends on the sample's signal 
amplitude (see Fig. 3). 

55 [0055] From the third step 506 the mechanism returns 
to node 500 and the first step 502 and the second step 
504 are repeated. It should be noted that in the third step 
5.06 the real sample is collected in the appropriate sam- 
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pie bin regardless whether or not„the_nominal bin size., 
of this sample bin is exeeded. This reflects the fact that 
in a starting phase of the selective collection mechan ism 
the sample block is filled regardless of the actual ampli- 
tude value of a fetched real sample In order to quickly 
build a sample block which can be processed by the pa- 
rameter adaptor 1 6C, i.e., containing 256 real samples. 
[0056] In the case the assessment unit 16D deter- 
mines in the second step 504 that the number of sam- 
ples in the sample block equals the maximum sample 
block size of 256 real samples, a fourth step 508 is ini- 
tiated. In the fourth step 508 the assessment unit 16D 
determines whether or not the appropriate bin which is 
reserved for the real sampl e fetched in the first step 502 
is filled up to the individual nominal bin size or not. If the 
number of real samples already arranged in the corre- 
sponding sample bin equals the nominal bin size of the 
sample bin, the newly fetched real sample is discarded 
in a fifth step 51 0. From the fifth step 51 0 the mechanism 
returns to node 500, from where the collection mecha- 
nism loops to the first step 502. 
[0057] In the case the assessment unit 16D deter- 
mines in the fourth step 508 that the number of real sam- 
p l es a rr anged In t h e samp l e b i n r ese r ved fo r th e rea l 
sample fetched in thefirst step 502 is less then the nom- 
inal bin size of this sample bin, the real sample is col-~ 
-t ec ted in thi s sam ple bin In a s ixth s t e p 5 1 2 . B ec a use 
the total number of real samples arranged within the 
sample block now exceeds the predefined , maximum 
sample block size of 256 real samples, one real sample 
arranged in a different sample bin has to be discarded 
in a seventh step 514. in the seventh step 514 a real 
sample Is removed from this sample bin, which exceeds 
its nominal bin size most. Of course, a different removal 
approach could be implemented as well. For example 
In the seventh step 514 a real sample of the leftmost 
sample .bin (see Fig. 3) which exceeds its nominal been 
size could be removed. 

[0058] In the case the parameter adaptor 1 6C finishes 
processing of a previous sample block while one or 
more sample bins, for example the rightmost sample bin 
in Fig. 4 of a sample block already comprising 256 sam- 
ples, are not yet completely fjlled, processing is started 
with this incomplete sample block anyway. None of the 
important rare signal peaks will be lost due to the fact 
that the selective collection mechanism shown in Fig. 5 
will keep on running in parallel with the processing op- 
erations of the parameter adaptor 1 6C. 
[0059] The method of collecting a data block to be 
processed by the parameter adaptor 16C described 
above with reference to Fig. 5 is based on the selective 
collection individual samples. In other words, the sam- 
ples are individually assessed and individually placed in 
the sample bin associated with the sample's amplitude 
value. In the following, various selective collection 
. mechanisms according to a second embodiment of the 
invention will be described. 

[0060] The collection mechanisms of the second em- 



bodimentof the invention are notbased.on an.indlvidual_ 

- sample collection but relate to the selective collection of 
a plurality of short sequences of samples oh the basis 
of a preceding assessment on a sample-by-sample ba- 

5 sis. Collection of short sequences of samples has the 
advaniage over individual sample collection that a cer- 
tain signal continuity is maintained. Consequently, the 
parameter adaptor 16C can be configured such that 
memory or frequency dependency effects are compen- 

10 sated also. Furthermore, the processing efficiency is in- 
creased since fractional delay matching performed by 
the delay unit 16B can take place for a complete se- . 
quence of samples. The selective collection of the plu- 
rality of short sample sequences is pe rformed such t hat 
each sample sequence captures one or more signal 
peaks as well as neighboring samples. If ft is desired to 
capture the whole peak, i.e., including samples sur- 
rounding the peak on both sides, a short delay buffer in 
communication with the assessment unit 1 6D may be 

20 provided. This delay buffer is not depicted in Fig. 1 b. 
[0061 ] Like in the first embodiment it is assumed that 
the parameter adaptor 1 6C operates on 256 data points. 
This means that each sample block would have a pre- 

defi ned sample b l ock size o f 2 58 samp l es, i n t he second 

gg embodiment, each sampl e block to be stored in the 
block memory 16E is divided into sample bins as depict- 

ecHrrFrgr6T-trrthe-c 

sample block consists of 8 sample bins. The sample 
bins are configured to store one sample sequence each, 

30 each sample sequence comprising 16 consecutive 
samples captured from the second sample stream. 
[0062] In the following, three variants of selective col- 
lection mechanisms according to the second embodi- 
ment of the Invention will be described with reference to 

35. the flow charts depicted in Figs. 7 to 9. The three col- 
lection mechanisms comprise the common feature of 
collecting a plurality of sample sequences, each collect- 
ed sample sequence capturing, if possible, one signal 
peak detected by way of a threshold decision. Of course, 

^0 other detection mechanisms like the implementation of 
gradient analysis to Identify relative maxima could be 
used as well. 

[0063] The selection mechanism depicted in Fig. 7 is 
based on a fixed threshold value that is set in a first step 

45 702. Additionally, a counter which counts the number of 
. collected sample sequences already collected in the 
current sample block is set to zero. In a second step 
704, the assessment unit 16D determines whether the 
sample block is already full, i.e.' if enough sample se- 

so quences to enable the parameter adaptor 1 6C to create 
an updated set of adapted predistortion data have been 
collected. In the case of the sample block depicted in 
Fig. 6 this means that the assessment unit 1 6D deter- 
mines whether or not8sample sequences have already 

55 been stored in block memory 16E. If 8 sample sequenc- 
es have been collected, the method continues with step 
706. In step 706 the sample block stored in the block 
memory 16E is passed to the parameter adaptor 16C 
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which immediately starts to create adapted predistortion 
data as described above. From step 706 the method - 
loops back to the start 700. 

[0064] In the case the assessment unit 16D deter- 
mines in step 704 that one or more sample bins are still 
empty, the method continuous with step 708 . In step 708 
the assessment unit 1 6D fetches a n ew sample from the 
second sample stream output by the feedback unit 26. 
The assessment unit 16D then determines in step 710 
whether or not the sample is above the threshold value 
that has been set in step 702. If the sample is not above 
that threshold value the method loops back to step 708 
where the next sample is fetched from the second sam- 
ple stream. 

[0065] On the other hand, if the sample Js_above_the_ 
threshold value, the assessment unit 16D collects a 
sample sequence of 16 consecutive samples compris- 
ing that sample which is above the threshold. The col- 
lected sample sequence could start with the sample 
which is above the threshold value or could also com- 
prise one or more samples which were fetched prior to 
occurrence to the sample lying above that threshold val- 
ue. In the latter case these prior samples are taken from 
the delay buffer mentioned above. The sample "se- 



lected sample sequence. From step 818 the method 

- ~ loops back to step 804 where the two timers are reset. . 
[0068] If the assessment unit 1 6D determines in step 
81 2 that a currently fetched sample is not above the cur- 

5 rent threshold value, the method continuous. with step 
820. In step 820 the first timer is assessed by the as- 
sessment unit 1 6D with respect to a time out. If no time 
out is detected, the method continuous with step 810 
and a subsequent sample is fetched from the second 

*o sample stream. On the other hand, if a time out is de- 
tected in step 820, i.e., if the signal level does not ex- 
ceed the current threshold value during a certain period 
of time, the method continuous with step 822. In step 
822 a new threshold value is set by reducing the cur- 

JL__rently valid threshold value. The threshold reduction in_ 
step 822 could be an exponential decay so that the new 
threshold value is set to the currentty threshold value 
times a constant < 1 . After the new threshold value has 
been set in step 822, the first timer is reset in step 824. 

20 [0069] In the following step 826 the assessment unit 
1 6D determines whether or not a time out of the second 
timer has occurred. The second timer is implemented to 
be able to keep control of the total time it takes to aquire 
on sample sequence. It can thus be ensured that the 



quence collected Jn step 712 is stored by tne assess- 23 parameter adaptor 1 6U always receives a new sample 
_mentunit 16D in the block memo ryJ.6£J^ M .iaatLempty block.within a predefined time interval. Usually,_the.secjL_ 



sample bin of the sample block depicted in Fig. 6. In a 
~nexrstep~71 47me-counter1s~lR^ 
step 714 the method loops back to step 704 where it is 
determined anew whether or not 8 sample sequences 
have already been collected. 

[0066] The collection mechanism depicted in the flow 
chart of Fig. 7 Is very efficient with respect to processing 
and storage resources. However, due to variable traffic 
conditions and different signal statistics it is difficult to 
predict how long" it will take until a sample block is com- 
pleted, I n orderto cope with varying traffic situations and 
changing signal statistics further mechanisms may thus 
be provided. These further mechanisms preferably 
comprise at least one of a variable threshold value and 
a timing control based on one or more timers. In the fol- 
lowing, two collection mechanisms implementing both a 
variable threshold and a dedicated time control are de- 
scribed in more detail. 

[0067] The collection mechanism depicted in Fig. 8 
relies on a variable threshold value on the one hand and 
on two timers on the other hand. In a first step 802, a 
threshold value and a counter are set as described 
above in connection with the collection mechanism de- 
picted in Fig. 7. In a second step 804, the two timers are 
reset. The following steps 806 to 81 6 are equivalent to 
the corresponding steps 704 to 714 discussed above in 
context with the collection mechanism of Fig. 7. Addi- 
tionally, in step 818, the threshold value is updated by 
setting a new threshold value to a level dependent upon 
the recently collected sample sequence. For example, 
the new threshold value may be set to the peak signal 
level, or a fraction thereof, detected in the recently cbl- 
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ond timer keeps track of a longer time interval than the 
'flrsrttmerrHoweverrto~simplr^the"*collection"mecha^ 
nisms the time intervals monitored by the first and the 
second timer, respectively, could be the same. 
[0070] If the assessment unit 1 6D does not deterrhine 
a time out in step 826, the method continuous with step 
81 0 and the next sample is fetched from the second 
sample stream. Otherwise, i.e., if a time out of the sec- 
ond timer is determined, the method continuous with 
step 828. In step 828 a sample sequence of 1 6 consec- 
utive samples is collected and stored regardless of the 
fact whether or notthe collected samples satisfy the cur- 
rently valid threshold condition. Then, the counter is in- 
creased by one in step 830 and the method loops back 
to step 804. 

[0071] Another variant of the collection mechanism 
according to the second embodiment of the invention is 
depicted in the flow chart of Fig. 9. This collection mech- 
anism is designed to collect and store sample sequenc- 
es containing the largest peak occurring during a pre- 
defined time out period. 

[0072] Steps 902 to 906 basically correspond to steps 
702 to 706 described above in connection with the col- 
lection mechanism of Fig. 7. The only difference is the 
fact that the threshold value is set only after the assess- 
ment unit 16D has determined in step 904 that the 
. number of previously collected sample sequences is 
less than 8. Then, the threshold is set to 0 in step 908. 
Moreover, a timer is reset in step 908. 
[0073] In the next step 910 the assessment unit 16D 
determines whether or not a time out of the timer has 
occurred. If a time out is actually detected, the method 
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continuous with step.928. In step 928 a.temporarily.bufL 
ered sample sequence, which has been acquired as will 
be discussed below in more detail, is stored permanent- 
ly in a sample bin of a sample block, i.e., in the block 
memory 16E. If necessary, i.e., If the buffered sample 
sequence does hot comprise 1 6 samples yet, the incom- 
plete sample sequence is completed prior to storing. 
From step 928 the method continuous with step 930. In 
step 930 the counter is increased by one. The method 
then loops back to step 904 to determine whether or not 
8 sample sequences have already been collected. 
[0074] If the assessment unit 16D does not detect a 
time out in step 910, the method continuous with step 
91 6 and a new sample is fetched from the second sa m- 
ple stream output by the feedback unit 26. The newly 
fetched sample is then subjected to a threshold decision 
in step 918. In step 91 8 the assessment unit 16D deter- 
mines whether or not the newly fetched sample lies 
above the currently valid threshold value, if this is the 
case, this sample is collected and temporarily buffered 
in step 920. Additionally, preceding and/or following 
samples are collected to complete a sample sequence 
of 16 samples. For example, in step 920 the newly 
fe t c h ed samp l e as we ll as 7 preceding samples may b e 
buffered. Since 8 sam ples are still missing to complete 
a sample sequence of 16 samples, the 8 following sam- 
>l es~ are'coit ected'anchb uff ered~a 
924, see below) subject to the condition that the 8 fol- 
lowing samples do not lie above the adapted threshold 
value which is newly set in the following step 922. 
[0075] In step 922 the new threshold value is set to e. 
g. the amplitude value of the sample that was fetched 
from the second sample stream and that passed the 
threshold decision of step 91 8. This corresponds to an 
increase of the threshold value. From step 922 the meth- 
od loops back to step 910 where it is determined wheth- 
er or not a time out has occurred. 
[0076] If It is determined in step 918 that the newly 
fetched sample does not lie above the threshold, the 
method continuous with step 924. In step 924 the as- 
sessment unit 1 6D assesses whether or not the current- 
ly buffered sequence is complete, i.e., comprises 16 
samples. If the buffered sample sequence is not yet 
complete, the newly fetched sample is buffered in step 
926 and the method loops back to step 91 0. On the other 
hand, if the sequence already comprises 16 samples, 
the method immediately loops back to step 91 0 without 
buffering the newly fetched sample. 
[0077] The three variants of selective collection 
mechanisms exemplarily described above with refer- 
ence to Figs. 7 to 9 are based on the collection of eight 
sample sequences, each sample sequence comprising 
a specific number of data points. It should be noted that 
the number of sample sequences and the number of da- 
ta points per sample sequence iare in principle arbitrary 
and depend only on the processing capabilities of the 
parameter adaptor 1 6C. 

[0078] The selective collection mechanisms depicted 
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Jn^Figs. 5 and 7 to 9 not only. Improve convergence_ 
speed even for complex WCDMA signals, but also lead 
to a higher out-of-band emission suppression due to in- 
creased accuracy. A further advantage is the fact that 
the performance of the adaptation technique is highly 
Independent from particular modulation data statistics. 
[0079] Modifications and alternative embodiments of 
the invention are contemplated which do not depart from 
the spirit and scope of the invention as defined by the 
foregoing teaching and appended claims. It is Intended 
that the claims cover all such modifications that fall with- 
in their scope. 



15 Claims 

1. A method of performing adaptive predistortion us- 
ing predistortion data to compensate non linearities 
of an amplifier (22) which produces from an input 

20 radio signal generated from a first sample stream 
an amplified radio signal, comprising: 

- . generating a second sample stream from the 

— — a m p li f i e d r ad i o s ign a l; — 

25 selectively collecting sam ples from the second 

sample stream such that the statistical proper- 
-ties-of the coftected-sampfes-dif f er f r o m the av- 
erage statistical properties of the second sam- 
■ pie stream; 

30 - creating adapted predistortion data based on a 
comparison of the selectively collected sam- 
ples from, the second sample stream with the 
corresponding samples from the first sample 
stream; and 

35 - performing predistortion using the adapted pre- 
' distortion data to produce a predistorted third 
sample stream. 

2. The method of claim 1 , 

40 wherein for each sample comprised within one of 
the sample streams or in regular intervals it is as- 
sessed whether or not a corresponding sample from 
the second sample stream is to be collected. 

45 3. The method of claim 1 or 2, 

wherein samples from at least the second sample 
stream are selectively collected also during gener- 
ation of the predistortion data. 

so 4. The method of one of claims 1 to 3, 

wherein the statistical properties relate to an ampli- 
tude or power probability distribution of the collect- 
ed samples. 

55 5. The method of claim 4, 

wherein the amplitude or power probability distribu- 
tion of the collected samples is raised at least locally 
compared to an average amplitude probability dis- 
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tribution of the second sample stream. 



6. 



7. 



The method of claim 5, 

wherein the amplitude or power probability distribu- 
tion of the collected samples Is raised at least for 
amplitude or power values of an upper amplitude or 
power range. 

The method of claim 5 or 6, 
wherein samples from at least the second sample 
stream are selectively collected such that the am- 
plitude or power probability distribution of the col- 
lected samples becomes constant at least for am- 
plitude or power vialues of an upper amplitude or 
power range. ■• 



The method of one of claims 1 to 7, 

wherein samples from at least the second sample 

stream are collected individually. 

The method of one of claims 1 to 7, 
wherein samples from at least the second sample 
stream are selectively collected in the form of one 
or more sample sequences. 
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reached its nominal bin size, and collected in this 
sample bin otherwise. 1 

The method of claim 1 6, 

wherein, If the sample is collected In the sample bin 
reserved for this sample, a sample collected in the 
sample bin which exceeds its nominal bin size most 
is discarded. 



10 18. A computer program product comprising program 
code portions for performing the steps of one of 
claims 1 to 1 7 when the computer program product 
is run on a computer. 

15 19 . The computer program product of claim 1 8, stored 
on a computer readable recording medium. 

20. A transmitter stage (10), comprising: 

20 - an amplifier (22) which produces from an input 
■ radio signal generated from a first sample 
stream an amplified radio signal, 
a feedback unit (26) for generating a second 
sample stream from the amplified radio signal; 

" — a u ni t ( 16 D) f o r se l ect i v el y col l e cti n g sa mpl es 

from t he second sample stream su ch that the 



10. The method of claim 9, 



wherein the at least one sample sequence captures 
one or more signal-peaks: : 



11 . The method of claim 1 0, 

wherein the signal peak is identified by a threshold 
decision. 

12. The method of claim 11 , 

wherein the threshold decision is based on a varia- 
ble threshold value. 



statistical properties of the collected samples 

— differfrom^he-average-stattstioal properties-of- 

the second sample stream; 

so . a parameter adaptor (1 6C) for creating adapted 
predistortion data based on a comparison of the 
collected samples from the second sample 
stream with the corresponding samples from 
the first sample stream; and 

35 - a data modifier (16A) for performing predistor- 
tion using the adapted predistortion data. 



13. The method of claim 12, 

wherein a variation of the variable threshold value 
is controlled in dependence of at least one of time, 
a previous threshold value and a current signal 
peak. 

14. The method of one of claims 1 to 13, 

wherein the samples from the second sample 
stream are collected in the form of sample blocks. 
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21 . The transmitter stage of claim 20, 

configured to perform the steps of one of 
claims 1 to 14. 

22. A wireless communications system comprising the 
transmitter stage (1 0) of claim 20 or 21 . 



15. The method of claim 14, 

wherein the adapted predistortion data are created 
on a sample block-by-sample block basis. 
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16. The method of claim 14 or 15, 

wherein each sample block is comprised of one or 
more sample bins and wherein, if the number of 
samples collected in a sample block equals or ex- 
ceeds a predefined sample block size, a sample 
from the second sample stream is not collected if 
the sample bin reserved for this sample has 
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